A laser Doppler velocimetry bench adapted for measuring acoustic particle velocities is used to measure sinusoidal structural velocities in order to assess the performance of two signal processing techniques, one available commercially and the other being developed in our laboratory. Considering a sinusoidal excitation signal of the vibrating structure, both techniques use frequency demodulation approaches in order to extract the instantaneous frequency of the Doppler signal which is scattered by the vibrating object and use synchronous analysis in order to estimate the amplitude and the phase of the velocities estimated by means of the frequency demodulation.
Introduction
Laser Doppler velocimetry (LDV) is an optical technique allowing direct measurement of local and instantaneous particle velocity. This method disturbs weakly the medium under investigation which means a significative advantage in comparison with most of the traditional techniques requiring the introduction of material probes. It could be used now for many new developments, such as the study of complex acoustic fields, where the vector nature of the velocity may give much more information than a scalar variable such as pressure.
Widely used for fluid mechanics measurements, LDV has been applied to acoustics since 1976 [1] , and many authors [1] [2] [3] [4] [5] [6] [7] have dealt with its application to acoustics for different problems such as impedance measurement or microphone calibration. In the context of these works, different frequency and level ranges have been studied using different signal processing techniques. However, the accuracy of the velocity measurement has not been extensively presented, at least in the frequency range 100-5000 Hz and in the level range 60-140 dB. Concerning this subject, a work has been published by Valière et al [6] .
The aim of this work is to assess the performance of LDV for acoustic measurements in the frequency range 100-4000 Hz and in the velocity range 1-10 mm s −1 corresponding to the level range 86-106 dB in a free field. As the performance of LDV depends strongly on the signal processing technique used for estimating the acoustic velocity from the signal delivered by the LDV bench (Doppler signal), this work presents the study of the signal processing performance.
Signal processing techniques used for estimating the acoustic velocity from the Doppler signal can be divided into three major families, for which the acoustic velocity is assumed to be sinusoidal. The first one is spectral analysis, used by Taylor [1] , Davis and Hews-Taylor [2] , and Vignola et al [4] , which uses the power spectrum density of the Doppler signal. The second is the photon correlation presented by Sharpe and Greated [3] ; it calculates the auto-correlation of the Doppler signal and estimates the acoustic velocity amplitude. The last family is the time frequency approach which uses frequency demodulation and enables us to estimate a priori any kind of velocity signal. In practice sinusoidal velocity signals are also studied. Using this last technique, Valière et al [6] present the cross Wigner Ville transform and compare acoustic velocities measured by means of LDV in a duct to velocities calculated with the help of a propagating model using pressure measurements.
This paper studies the performance of a common time frequency tool, the short time Fourier transform (STFT). The signal processing of the Doppler signal is achieved using both commercial equipment originally dedicated to fluid mechanics, the burst spectrum analyser (BSA) 57N20 from Dantec, and a system for acquisition and signal processing more specifically dedicated to acoustics, currently being developed at the Laboratoire d'Acoustique de l'Université du Maine (LAUM).
The LDV system is used to measure sinusoidal structural velocities whose frequencies lie between 100 and 4000 Hz for amplitudes ranging from 1 to 10 mm s −1 . The absence of seeding particles allows a good reproducibility of the Doppler signals; therefore, it becomes possible to compare velocities measured by means of the LDV bench using different sets of parameters for the signal processing with a reference velocity given by a laser vibrometer and then to bring out the most appropriate parameters [8, 9] .
The first part of this study gives the principle of LDV, especially for acoustic and vibration measurements, and the frequency demodulation techniques used for extracting acoustic velocities. The second part presents the experimental apparatus that was developed for this study. The third part focuses on two signal processing technique families. On the one hand, two frequency demodulation techniques are presented, one being available from commercial equipment, the other being adapted for acoustic measurement. On the other hand, post-processing methods giving the amplitude and phase of the measured velocities are proposed using methods derived from lock-in techniques. Finally, the results compare the amplitude and the phase of the velocities estimated by means of the two frequency demodulation techniques respectively with the amplitude and the phase of the velocity measured by the laser vibrometer.
Fundamentals of laser Doppler velocimetry (LDV)

Principle of LDV
The principle of LDV is based on the determination of the Doppler shift of light scattered from seeding particles (tracers) suspended in the fluid. In the differential Doppler mode [10, 11] , two laser beams of equal intensity are focused and crossed at the point under investigation, forming an ellipsoidal volume consisting of equidistant dark and bright fringes called probe volume. When a tracer moves through this volume, the scattered light is making up an optical signal whose intensity is modulated at a frequency f D , called the Doppler frequency, which is related to the particle velocity v p along the x-axis and the fringe separation i (expressed as a function of the angle θ between the incoming laser beams and their optical wavelength λ L ):
The scattered light is collected at a photomultiplier (PM) whose output signal is called the Doppler signal. The PM can be located such that forward scattering or back scattering is used. In forward scattering, the scattered light intensity is important and the signal to noise ratio (S/N) of the Doppler signal is high. Yet for some applications, such as velocity measurements near walls, the back scattering mode cannot be avoided; its main drawback is that it provides a low quality Doppler signal due to the low intensity of the scattered light (about 100 times lower than that collected in forward scattering). The PM output signal is then sent to the acquisition and processing system in order to extract the velocity information.
For fluid velocity measurements in air, the seeding is generally performed with aerosol particles or smoke particles; in water, polystyrene or metal particles may also be used. The choice of the seeding particles is actually twofold: the tracer must be large enough to scatter sufficient light for the proper operation of the photodetection and the signal processing, yet small enough to follow faithfully the fluid movements. The latter assumption was discussed by Brandt et al [12] and later Hinze [13] , and applied by Taylor [1] to acoustics. Poggi [9] shows that particles of diameter 1 µm can be used up to 5 kHz, the error between the particle velocity and the fluid velocity being 0.5%.
Doppler signal model
2.2.1. Basic model. Assuming that a single particle crosses the probe volume, the Doppler signal collected at the PM can be modelled as a sine-wave modulation weighted by a Gaussian shape depending on the tracer location x p (t) in the probe volume [3] :
with β = cos(θ/2) rL . The factor K is related to the laser beam power, the PM sensitivity, the electronic amplification, the observation direction and the scattering efficiency of the tracer. r L is the radius of the focused laser beams. The term e
−[βxp(t)]
represents the envelope on the fringes due to the Gaussian cross section of the laser beams. M is an offset introduced if the beams are not of equal strength. If the particle velocity v p = dxp dt remains constant while the particle crosses the probe volume, the Doppler signal can be written
Equations (1) and (3) bring out a sign ambiguity since two particles crossing the probe volume with the same direction and the same velocity but opposite signs generate the same Doppler signal. Adding a frequency shift to one of the laser beams causes the fringe pattern to move. So a particle stationary inside the probe volume is measured with a frequency corresponding to the frequency shift added to the laser beam. Particles moving in one direction will appear with a frequency higher than the added frequency shift and particles moving in the other direction will appear with a frequency lower than the added frequency shift. In practice, the PM output signal is also frequency shifted down to the carrier frequency f c and high pass filtered for adaptation to the signal processing. Equation (2) becomes
Model for acoustics.
Assuming that a single particle is excited by an acoustic field produced with a sinusoidal signal, the particle velocity inside the probe volume is not constant and is written
where V f is the flow velocity due to natural convection or to a superimposed flow, V ac and ϕ ac are the amplitude and phase to be measured, and f exc is the frequency of the excitation signal which is supposed to be known. The particle displacement in the probe volume frame is
where t 0 is the time at which the particle crosses the centre of the probe volume when assuming that the acoustic velocity amplitude is zero, and α is the modulation index defined by
The PM output signal can be written (see equation (4))
where
The amplitude A D (t) is almost Gaussian if the acoustic particle displacement X ac (10) is small compared with the probe volume length 1 β . In this case, the amplitude A D (t) can be assumed to be constant over a few acoustic signal periods (typically [10] [11] [12] [13] [14] [15] [16] [17] [18] [19] [20] if the flow velocity is small, which is currently observed in an enclosed field.
If the acoustic displacement X ac is larger than the probe volume length, the Doppler signal amplitude A D (t) is modulated by the effect of the particle displacement [14] .
For example, for a 1 µm fringe spacing, and for a modulation index α lying between 0.1 and 100, the acoustic displacement lies between 16 nm and 16 µm, the probe volume length being almost 0.1 mm. For high modulation index, the Doppler signal is amplitude modulated.
As far as this paper is concerned, the particle displacement is assumed to be small compared with the probe volume length and is estimated by extracting the phase of the Doppler signal using frequency demodulation techniques over a few periods of the acoustic signal.
Model for vibrations.
The aim of this work is to assess the performance of frequency demodulation techniques used to estimate the phase of Doppler signals. In order to obtain a constant amplitude for the Doppler signal over a long duration, vibration measurements are performed.
When LDV is applied to structural vibration measurements [11, [15] [16] [17] [18] , the probe volume is focused on the vibrating structure of which the velocity is
and no seeding is required as the structure surface scatters the light sufficiently. The Doppler signal amplitude remains almost constant. The light is scattered from an optically rough surface and a complex interference pattern, called the speckle pattern, is created on the surface of the photodetector [17] . The speckle pattern changes as the structure moves and it produces a pseudo-random phase ϕ pr due to the periodic changing population of scatterers inside the probe volume. The high pass filtered PM signal output can be written
The pseudo-random phase ϕ pr due to the speckle pattern creates a noise floor of which the period is T exc = 1 fexc . The effect is discussed by Pickering et al [15] in the case of laser vibrometry.
In the following, the measured velocities are supposed to be purely sinusoidal since the excitation signal is sinusoidal. The principle of the signal processing used for extracting the velocity information consists in demodulating the frequency-shifted Doppler signal and analysing the frequency demodulated signal in order to estimate its amplitude and phase (figure 1). The frequency demodulation may be operated using different techniques [22] ; this study focuses on the use of the Fourier transform which is applied on temporal sliding windows which can recover in time. This method gives an estimate of the instantaneous frequency (at the time corresponding to the middle of the window) from which the velocity is derived (according to equation (1)). Post-processing techniques described later in this paper have been used to extract the amplitude and phase of the estimated velocity.
Signal processing techniques
This section describes two frequency demodulation techniques used in the study and the post-processing technique that is used for extracting the amplitude and phase of the velocity. The frequency demodulation techniques are based on the STFT, and consist in analysing the Doppler signal on time sliding windows by means of a Fourier transform applied on each window. The value of the frequency corresponding to the maximum of the spectrum amplitude calculated along the time window is assigned to the date corresponding to the centre of the time window. This way, the variation of the Doppler signal frequency is estimated during the time.
The post-processing technique is the synchronous analysis. It enables us to estimate the amplitude and phase of periodic signals for which the frequency is known by calculating the Fourier coefficients of the signal.
Frequency demodulation
3.1.1. Burst spectrum analyser. The BSA is commercial equipment originally dedicated to flow velocity estimations using digital signal processing techniques. The principle of this apparatus consists in analysing the Doppler signal using the fast Fourier transform (FFT) on short time windows. The Doppler signal is frequency shifted downwards such that its carrier frequency becomes zero. This complex signal is low pass filtered and sampled so that it is band limited in the frequency bandwidth BW = [− BW 2 , BW 2 ]. This way, the pedestal is removed and the short time spectrum is centred on the zero frequency, which enables us to enhance the frequency resolution between samples [19] . An FFT algorithm is applied on rectangular temporal sliding windows of length T w which do not recover in time. For each window, a peak detection applied in the frequency domain yields an estimate of the Doppler frequency, which can be positive or negative. For a time window of N w points corresponding to a time length T w =
Fs Nw
, where F s is the sampling frequency, this detection uses the zero-padding technique, giving 2N w points and an interpolation method, described by Matovic et al [20] , based on the sinc function which is the Fourier transform of the rectangular window. This peak detection is validated by comparing the peak amplitude with the two largest amplitudes of the side lobes. Without taking the interpolation method into account, the frequency step due to the spectral discretization is
leading to a velocity resolution
where F s is the sampling frequency of the Doppler signal. For example, for usual acoustic velocity measurements (F s = 62.5 kHz, N w = 8, i = 1.032 µm), the velocity resolution is V = 4 mm s −1 . This resolution is enhanced using the interpolation method based on the sinc function described above. Dantec [19] estimates the frequency resolution of this technique to be enhanced by a factor of 2 7 . The time window length T w determines the sampling frequency F v s of the estimated velocity
This sampling rate is uniform if the FFT has been validated for all the temporal windows during the process otherwise the sampling rate can be random. In practice, for acoustic measurements, low particular displacements (up to 50 µm) lead to uniform sampling rates whereas high acoustic levels can produce random sampling rates. For structural velocity measurements used in this work, the extracted velocity remains uniformly sampled. The BSA proposes a function called 'rotating machinery' which enables us to take back the whole extracted velocity signal in a single period of the excitation signal (see figure 2 ). This operation enables us to perform a phase average. 
'Custom system'.
The signal acquisition system performs frequency demodulation with the help of custom software. In this case, the BSA is used for hardware operation (Bragg cell supply, frequency shift from Bragg frequency f B to carrier frequency f c , PM supply). Once the Doppler signal has been frequency shifted from the Bragg frequency (40 MHz) to a new carrier frequency f c which is determined by the BSA by
where BW is the bandwidth defined above and determined by the BSA set-up, the Doppler signal is low pass filtered with the help of a Bessel filter having a linear phase in the frequency range of interest (typically 20-100 kHz). The filtered signal is acquired on the acquisition board at a sampling rate F acq s . This sampling frequency is chosen such that the Shannon theorem is fulfilled. In practice, the signal is over-sampled by choosing a high sampling frequency. An STFT is applied using temporal windows (Hanning or Kaiser windows) which can overlap in time. On each window of N w samples, an FFT enables us to extract the frequency of the frequency shifted Doppler signal by using a zero-padding technique in order to enhance the frequency resolution (in this case, the interpolation is not used).
The frequency resolution of this technique depends on the number of samples of the time window. For short time window length (less than or equal to 256), 256 samples are used for calculating the FFT; for longer time window length, 2N w samples are used. The frequency resolution f is
which leads to a velocity resolution
where 
With this method, the sampling frequency of the estimated velocity remains constant and enables us to use common digital signal processing techniques. Figure 3 shows a velocity signal which was extracted by means of the STFT technique.
Post-processing techniques
principle.
The velocity signals calculated by means of the BSA and the custom system are analysed with the help of the synchronous analysis in order to enhance the accuracy of the velocity amplitude and phase estimation. The synchronous analysis enables us to calculate an estimate of the amplitude and phase of the demodulated velocity signal assuming that the excitation signal is sinusoidal. In this case, the velocity signal obtained by frequency demodulation can be written (see figure 1 )
where ω exc is the excitation angular frequency of the system and is assumed to be known. n(t) is the additive noise and is uncorrelated with the useful periodic signal
The noise n(t) is due to the background noise which exists during the experiment and to the error made by the frequency estimator during the frequency demodulation (estimator variance). The synchronous analysis technique enables us to calculate an estimatev p (t) of the particle velocity v p (t) (see figure 1 )
whereV andφ are determined by calculating the Fourier coefficients of the demodulated velocity signal using the following coefficients:
In equations (25) and (26), T exc is the period of the excitation signal. In the discrete time domain, equations (25) and (26) become using a finite number of samples N s
where T s is the sampling period. If the sampling rate is uniform, the sampling period T s is not used in equations (27) and (28) which leads tõ
Equations (29) and (30) show that the estimation of X and Y in the discrete time domain creates two errors, a deterministic error and a random error. In the following these two errors are studied in order to know the performance of the synchronous analysis.
The random error is shown by the third terms of equations (29) and (30) and is due to the additive noise n(t). Even if this noise is uncorrelated with the sin and cos functions, the integration over a finite time leads to additive terms forX andỸ . The deterministic error is given by the second terms of equations (29) 1
and equation (30) 1 This deterministic error is not null if the parameter N s f exc T s , which is the number of signal periods inside the time window, does not equal a half integer number, which is possible in the case of asynchronous sampling. The calculation ofX andỸ enables us to estimate the amplitudeV and the phaseφ for the fundamental of the measured velocity usinĝ
Deterministic error study.
In this section, the additive noise is not taken into account and only the deterministic error is studied. The estimation errors can be written as percentages for the amplitude
and in degrees for the phase
The deterministic errors are shown in figures 4 and 5 as a function of the parameter N s f exc T s for an infinite signal to noise ratio S/N. These results show two points:
The errors for the amplitude and the phase equal zero if the parameter N s f exc T s is an integer, i.e., if the sampling frequency is synchronized with the excitation signal and if the integration is done over an integer number of excitation periods.
If these conditions are not fulfilled, the error amplitudes decrease as the number of points N s (or the number of signal periods) is increased. Finally it appears that the error on the amplitude estimation is less than 1% and the error on the phase estimation is less than 1
• if N s f exc T s > 20. For asynchronous sampling, it is best to use the synchronous analysis on many periods of the signal and to choose N s such that it is as near as possible to an integer number of periods. 
Random error study.
In this section the deterministic error is null. For this, the sampling frequency is a multiple of the excitation frequency and the integration presented in equations (29) and (30) is done over a integer number of excitation periods. The random error is studied using numerical simulation of the demodulated velocity signal which is the sum of a sinusoidal signal and a random noise (Gaussian). The estimation error statistics are studied for different signal to noise ratios as a function of the number of samples of the velocity signal.
In practice, numerical simulations are performed using 30 periods of the signal using different sampling frequencies in order to modify the number of samples. Each simulation is repeated 200 times in order to evaluate the bias and the standard deviation of the amplitude error e V (equation (35)) and of the phase error e ϕ (equation (36)).
The results of the numerical simulations made for estimating the accuracy of the synchronous analysis technique are presented in figures 6 and 7. They show the mean errors for the amplitude and the phase. These results show that good estimations can be performed for high S/N and for a large number of samples. Figures 8 and 9 show the standard deviation of the errors for the amplitude and the phase. This technique appears to be efficient if the S/N ratio is greater than 0 dB and for at least 5000 points.
As a conclusion, the synchronous analysis is an interesting method to analyse the characteristics of the demodulated velocity since it can extract the amplitude and the phase of the signal. The accuracy of this method depends on the number of signal periods that are studied (see section 3.2), on the S/N ratio and on the number of points that are used for the calculation.
It appears to be accurate if the analysis is done with more than 20 periods or if it is done on an integer number of periods which reduces the deterministic error.
In order that the random error due to the additive noise is less than 1.5% for the amplitude and 1
• for the phase, the signal to noise ratio should be greater than 0 dB and at least 5000 samples should be used (see figures 8 and 9).
Experimental apparatus
A shaker (B&K type 4810) provided with a sinusoidal signal is driving a light and stiff tip. The structural velocity of the tip is measured by means of a laser vibrometer, used as a reference, and the LDV system (figure 10) using both acquisition and signal processing techniques which are presented in the previous section.
The laser vibrometer is a Polytec OVF302 associated with a 1 mW He-Ne laser (633 nm) [21] . The LDV apparatus used in this study is a dual-beam system operating in the differential Doppler mode. Only one velocity component is measured. The optical set-up is made of commercial equipment commonly used for fluid mechanics. Nevertheless, its arrangement has been modified as acoustic velocities differ significantly from flow velocities. First, in order to avoid as many external perturbations as possible, all noisy equipment and heat sources are placed outside the experimental room. The laser source is installed in another room and laser beams are brought with the help of 15 m long fibre optics. In order to get enough light intensity despite the back scattering configuration, a 1 W argon laser is chosen. Yet only a small part of this power is used for the measurements since the laser output is set to 100 mW, leading to a 20 mW power at the location of the probe volume (i.e. at the focal distance of the emitting optics which is equal to 600 mm). The laser source is set to operate in a single mode, producing a 514.5 nm wavelength in air. Furthermore, as the acoustic particle velocity amplitudes are much lower than those of flow velocities, the sensitivity of the system has to be enhanced. This is done increasing the angle θ between the two incident beams: it is set to about 30
• instead of a few degrees for flow measurements. The value of θ is precisely measured using a theodolite: it is equal to 28.873
• ± 0.016
• , which leads to a 1.03 µm (±3.1%) fringe separation. The interference network counts 120 fringes.
Such an increased angle also leads to a smaller probe volume (around 0.1 mm along the x-axis) and then to a better spatial resolution. As previously discussed, the velocity sign discrimination requires the use of a Bragg cell, introduced on the path of one of the incident beams. The Bragg cell operates here in the −1 mode, which lowers the frequency of the beam that is frequency shifted. The cell is driven at f B = 40 MHz.
The signal processing of the Doppler signal is realized using two different acquisition and signal processing Figure 10 . View of the shaker with the two laser spots generated by the laser vibrometer and by the LDV system. techniques. On one hand, the Doppler signal collected at the PM is analysed with the BSA 57N20 from Dantec. The BSA is synchronized with the excitation signal and used in the 'rotating machinery' mode, giving a statistical distribution of the structural velocity during one period of the excitation signal. A post-processing method (synchronous analysis) applied to the statistical distribution enables us to estimate the amplitude and phase of the demodulated velocity.
On the other hand, an acquisition system with a 12-bit acquisition board (AD12V board from Concurrent Computer Corporation) is fed with the frequency shifted Doppler signal. The frequency shift is made by means of the BSA (see figure 12 ). This shift can be adjusted such that the Doppler signal maximum frequency remains the same even if a flow velocity is added to the acoustic velocity. Signals delivered by the vibrometer and the LDV system are shown in figure 11 .
A frequency demodulation technique, based on the STFT (described in the following), is applied to the frequency shifted Doppler signal and gives an estimate of the velocity measured by LDV; a custom algorithm using the synchronous analysis technique extracts the amplitude and phase of the estimated structural velocity.
The structural velocities measured by means of the LDV system using both acquisition and signal processing techniques are compared with the reference velocity given by the laser vibrometer. This reference velocity is also analysed by means of two different techniques. The first technique uses a lock-in amplifier (Stanford SR830) which gives directly the amplitude and phase of the reference velocity. For validating the second velocity estimation (STFT + synchronous analysis), the vibrometer output signal feeds the 16-bit acquisition board (DA16V from Concurrent Computer Corporation) of the acquisition system. The synchronous analysis custom algorithm used for analysing the extracted velocity enables us to estimate the amplitude and phase of the reference velocity. This comparison is presented in figure 12 .
Study of the signal processing technique performance
Effect of the BSA parameters
When using the BSA, the important parameters that can be chosen are the sampling frequency F BSA s , which is related to the bandwidth BW (defined in section 3.1.1) by
and the number of points in the time window N w as previously shown. These parameters directly influence the accuracy of the instantaneous frequency estimation. They also act on the signal to noise ratio S/N of the demodulated velocity. Moreover, the S/N ratio and the number of samples of the velocity signal can modify the estimated velocity amplitude and phase.
The optimal values of the two parameters F BSA s
and N w are determined using two criteria. On one hand, the extracted velocity has to fulfil the Shannon theorem; on the other hand, the analysis of the signal to noise ratio of the demodulated velocity enables us to determine the optimal values of these two parameters.
Finally, the influence of the sampling frequency F BSA s on the amplitude and phase of the extracted velocity is evaluated using measured signals. The velocity estimated using the BSA frequency demodulation and the post-processing is compared with the velocity measured by means of the laser vibrometer.
Demodulated velocity frequency ranges. The choice of the sampling frequency F
BSA s and of the number of points N w determines the frequency resolution used by the FFT for the frequency demodulation and the sampling frequency of the extracted velocity as shown in equation (16) . The upper frequency limit of the extracted velocity is deduced from this set-up using the Shannon theorem Table 1 gives the upper frequency limits that the BSA settings enable us to achieve.
Demodulated velocity signal to noise ratio.
For a sinusoidal excitation signal, the demodulated velocity signal can be expressed as the sum of a sinusoidal signal and a noise. The noise level can be estimated by subtracting the demodulated velocity and the velocity estimated by synchronous analysisn Tests made on signals obtained by measuring the vibration velocity of the shaker tip show that the noise is Gaussian (see figure 13) . The signal to noise ratio can be calculated in decibels using the following expression:
whereV is the amplitude of the velocity estimated by means of the post-processing and σ rms. These results show the following.
• The S/N ratio lowers as the excitation frequency is enhanced.
• The S/N ratio is proportional to the velocity amplitude, low velocity amplitude leading to low S/N ratio.
• The lower value of the ratio
Fs Nw
, obtained for F BSA s = 187.5 kHz and N w = 32, leads to a greater value of the S/N ratio for low frequencies (100 Hz) but the S/N ratio becomes very low as the frequency increases.
• For frequencies greater than 1 kHz, the best S/N ratio is obtained by using a greater value of the ratio Fs Nw .
The best compromise consists in choosing a poor frequency resolution (high ratio velocity amplitude changes during the window length. In this case, short windows are to be preferred to follow the temporal variations but the frequency resolution is lowered, leading to a worse estimation of the velocity amplitude.
Comparison of LDA results with the vibrometer results.
The performance of the whole measuring system including the frequency demodulation (BSA) and the postprocessing (synchronous analysis) is evaluated by comparing , and the gain of the PM is 25 dB. In order to optimize the post-processing, the experimental set-up is configured in order to obtain about 10 000 velocity samples. Figure 15 shows the error on the amplitude and on the phase using the velocity measured by the laser vibrometer as a reference.
At first these figures show that the velocity estimation becomes difficult when the excitation frequency increases. The phase error becomes important for high frequency, the better result being 15
• for 2500 Hz. These results show that high sampling frequencies, leading to short time windows used for the frequency demodulation lead to a good temporal description of the estimated velocity and give a good estimation of the phase. The higher the frequency resolution F s /N w , the smaller the error on the phase. However, the phase error remains linear as a function of the frequency which is probably due to the linear phase of the low pass filter used in the laser vibrometer. The error amplitude increases as the excitation frequency increases or when the velocity amplitude decreases. For a reference velocity of which the amplitude is 1 mm s −1 , it is difficult to extract a law for choosing the BSA parameters. For greater amplitudes (5 and 10 mm s −1 ), the error on the amplitude lowers as the sampling frequency lowers. However, when the sampling frequency lowers the frequency bandwidth of interest becomes smaller. Low sampling frequencies, leading to low frequency resolutions, enable a more precise estimation of the instantaneous frequency, i.e. of the velocity amplitude, but in this case, the temporal windows are long, which leads to a bad estimation of the phase. In contrast, short time window length enables us to estimate better the phase, but, as the frequency resolution is diminished, the amplitude estimation becomes worse.
Conclusion concerning the BSA.
For a sinusoidal vibration excitation, the velocity signal provided by the BSA is a discrete signal comprising a sinusoidal component and an additive Gaussian noise. The velocity signal quality can be expressed by means of the signal to noise ratio S/N. The S/N ratio depends strongly on the two parameters F and N w influence the amplitude and the phase of the velocity measured by LDA. A high value of the ratio F s /N w enables us to diminish the phase error but increases the error on the velocity amplitude. Moreover, a high value of this parameter enables us to increase the frequency bandwidth. As a conclusion, it appears that a compromise has to be made when using the BSA for acoustic measurements, the amplitude and the phase not being measured with the same accuracy for a particular set-up.
Influence of the processing parameters used for the time frequency analysis
When using the custom time frequency analysis method based on the STFT technique, the important parameters are the sampling frequency, the time window length T w and the temporal increment TI which determines the sampling frequency of the estimated velocity (see equation (21)). In order to understand the effect of these parameters, the length of the time window N w has been modified keeping a constant value of the temporal increment TI on the one hand; on the other hand, the temporal increment value has been modified keeping a constant value for the time window length. For all these calculations, the nature of the time window was not changed; a Kaiser-Bessel window was used for its capability to modify easily (one parameter) the compromise between the main lobe width and the second lobe attenuation. In a first part, the values of these two criteria are chosen such that the Shannon theorem is fulfilled for the demodulated velocity and such that the signal to noise ratio S/N of the demodulated velocity is maximized. In a second part, the velocity estimated by means of the STFT and the synchronous analysis is compared with the reference velocity measured by means of the laser vibrometer. The analysis of these results enables us to show the influence of the two parameters T w and TI on the amplitude and the phase of the estimated velocity.
Shannon criteria.
Using the Shannon criteria, the sampling frequency of the estimated velocity has to be greater than twice the maximum excitation frequency F up . Using equation (21) , this criterion is written This criterion (equation (41)) enables us to choose a maximum excitation frequency which does not depend on the sampling frequency, as the BSA proposes. This technique allows another degree of freedom.
Extracted velocity S/N ratio.
As for the BSA (see section 5.1.2), the estimated velocity can be expressed as the sum of a periodic signal for which the frequency f exc is known, and an additive noise due to the frequency demodulation and to the optical system. The estimation of the noise signal is made as presented in section 5.1.2, the velocity estimated by STFT and by synchronous analysis being subtracted. The noise is presented in figure 16 . It is centred on zero but the statistical distribution is different from that given by the BSA. However, the signal to noise ratio can be estimated by means of equation (40). Figure 17 shows the signal to noise ratio obtained for measured signals as a function of the excitation frequency, the velocity amplitude and the time window length. In this case, the temporal increment is not modified; it equals arbitrarily . Figure 17 shows that the greater value of the S/N is obtained for long window length ( 5 ) whereas short window length leads to small values of the S/N ratio. The value Texc 5 appears to be the best compromise over the frequency range of interest and for the range of studied amplitudes. This result conforms to that obtained by Valeau [22] in a different context. , the S/N ratio is greater than 13 dB for the frequency bandwidth 100 Hz-4 kHz for 5 or 10 mm s −1 . For the BSA the S/N ratio value is 5 dB. The signal to noise ratio remains always greater than 5 dB for the BSA and the custom system; in this case, the synchronous analysis standard deviation is less than 3% for the amplitude and 2
• for the phase when using 1000 samples (see figures 8 and 9).
Comparison of the estimated velocity with the velocity measured by the laser vibrometer results.
The performance of the whole signal processing system including the frequency demodulation (STFT) and the synchronous analysis are presented using real signals for which the signal to noise ratio has been estimated.
All the signals were acquired with the help of the AD12V acquisition board using a sampling frequency F acq s = 500 kHz. The acquisition time was chosen such that the acquired signal is made of 50 excitation periods.
The time window length T w was modified such that it equals ). Figure 20 shows the error on the amplitude and phase of the velocity estimated with the synchronous analysis technique using an integer number of periods. These results show that the error increases as the frequency increases. Figure 20 shows that the best estimations of the amplitude occur when the time window length T w equals . The error on the phase is almost the same for different velocity amplitudes. It is difficult to choose a particular value of the temporal window length, the phase error being almost linear. This effect is probably due to the laser vibrometer low pass filter phase.
Using a constant time window length T w (T w =
), the temporal increment TI was modified such that it equals Tw 25 to T w . Figure 21 shows the amplitude and phase of the velocity estimated with the synchronous analysis technique using an integer number of periods in order to avoid the effect described in section 4.2.3. These results show that the temporal increment TI does not affect the error amplitude but modifies only the error made on the phase. This parameter, which defines the sampling frequency of the estimated velocity, is another degree of freedom for the signal processing. For low frequencies ( f exc < 300 Hz), the best estimation of the phase is given for short temporal increment values (TI = . Generally speaking, the use of the temporal increment enables us to diminish the error on the phase, this error being important for TI = T w , which corresponds to the case for which windows do not recover. 
Conclusion concerning the custom system.
The whole signal processing custom system enables us to give a discrete velocity signal, which can be written as the sum of a sinusoidal component and of a additive noise. The influence of the two parameters used in the frequency demodulation has been studied by calculating the signal to noise ratio of the velocity and by comparing the estimated velocity with the velocity measured by means of a laser vibrometer. The temporal increment TI does not influence the signal to noise ratio S/N. However, S/N depends on the time window length T w . The signal to noise ratio is maximum in the frequency range (100-4000 Hz) when T w equals Texc 5 , where T exc is the period of the excitation signal. For T w = to determine precisely the amplitude and phase of the velocity by using the synchronous analysis for the signal to noise ratios that are obtained.
Using measured Doppler signals, the velocity is estimated using different values of the parameters TI and T w and is compared to the velocity measured by means of the laser vibrometer. This comparison shows that the optimal value of the temporal window length is T w = Texc 5 , as it enables us to obtain the better accuracy for the amplitude estimation. The temporal increment TI modifies only the phase estimation.
This system enables us to estimate the velocity up to 2 kHz with an error of 20% at 1 mm s −1 and 10% at 5 and 10 mm s −1 .
Comparison between the two systems
Results obtained for both acquisition and signal processing systems are compared when using the optimal parameters described in sections 5.1 and 5.2. Figure 22 presents the amplitude and phase bias obtained in these two cases. This figure shows that the amplitude and the phase bias increase as the frequency increases. The biases obtained for both cases are of the same order of magnitude up to 2 kHz. However, the BSA gives better results for the amplitude and the phase. These two techniques are based on the STFT, and enable us to estimate the acoustic or vibration velocity. However, some characteristics make them different.
• The BSA cannot make the time window recover when analysing the Doppler signal. For this reason, a compromise has to be made in order to estimate precisely the amplitude or the phase of the velocity.
• To calculate the demodulated velocity, the BSA uses an interpolation which enables us to minimize the error on the velocity amplitude estimation. The custom system does not use it.
• The BSA is a real time system which does not need any acquisition system. It needs a HPIB link in order to get the velocity information.
Conclusion
The sinusoidal velocity of a vibrating tip has been measured by means of a laser Doppler velocimeter, using two different systems for signal acquisition and processing: a commercial system commonly used for flow measurements, the BSA from Dantec, and a custom system currently under development in our laboratory for acoustics measurements. The measured velocity has been compared with that obtained by means of a laser vibrometer, used as a reference. The comparison has been made for velocities ranging from 1 to 10 mm s −1 whose frequencies lie between 100 and 4000 Hz.
In the case of the measurement set-up which uses the BSA, the main parameters are the sampling frequency and the length of the time window (in number of samples). For velocity amplitudes of 1-10 mm s −1 , the values of the sampling frequency and of the time window length that are proposed are respectively 187 500 Hz and N w = 8. When using the custom system, consisting in an acquisition board and a STFT, the important parameters are the time window length T w and the temporal increment TI, which controls the recovering of the different time windows. The value of the time window length is Texc 5 , where T exc is the period of the excitation signal. The temporal increment TI has to be adjusted with the excitation frequency: for the frequency range 300 Hz-3 kHz, the optimal value of TI is . Simulations made by adding a Gaussian noise to demodulated velocities for which frequency, amplitude and phase are known enable us to assess the performance of the synchronous analysis for estimating the amplitude and phase of the demodulated velocity. Results show that the velocity estimation is correct when the signal to noise ratio of the frequency demodulated signal is greater than 0 dB and when the number of samples is about 5000.
Finally, it can be seen that both signal processing techniques are satisfactory for frequencies which are lower than 2 kHz. This limit is due to the Fourier analysis method, which is used in both techniques. Indeed, in the time frequency domain, the Fourier transform cannot extract frequency modulation for low modulation index α, the limit being almost α = 1.
These two systems have been used for measuring acoustic velocities in an enclosed and free field [23] . Results of experiments made in an enclosed field [24] show that the two systems give satisfactory results for RMS velocities higher than 1 mm s −1 and acoustic frequencies lower than about 2 kHz.
